Vocoder-based speech synthesis system requires fundamental frequency (F0) and spectral envelope. Since the sound quality of synthesized speech depends on the estimation performance, methods that can accurately estimate two parameters are crucial to synthesize natural speech. In particular, spectral envelope estimation is more difficult than F0 estimation. One of the problems in spectral envelope estimation is that the result depends on the windowing time, type of window function and its length. Conventional methods such as LPC or Cepstrum cannot remove the temporal variation. TANDEM-STRAIGHT can estimate a temporally stable spectral envelope, whereas the processing that consists of averaging two power spectra, smoothing and post-processing is complex. To simplify the processing, we propose a method based on pitch synchronous analysis and spectral smoothing. The proposed method can estimate a temporally stable spectral envelope from only one power spectrum processed by a specialized window function. The window function and its length are determined to remove the temporal variation. The objective evaluation was conducted to verify the temporal variance and the estimation performance. The result suggested that the proposed method can estimate the temporally stable power spectrum as well as TANDEM-STRAIGHT.
INTRODUCTION
High-quality speech synthesis systems are widely used for applications ranging from singing synthesis [1] to voice conversion [2] . Conventional systems such as STRAIGHT [3] and TANDEM-STRAIGHT [4] can synthesize high-quality speech that is very similar to input voices, but they have not yet been put to practical use, in part because of the high computational cost of improving the sound quality of the synthesized speech. To develop realtime voice conversion systems [5] , singing synthesis systems and so on that can be used practically, a rapid method is required. Although a real-time system has been developed [1] , its sound quality is lower than STRAIGHT. (Note: Since STRAIGHT and TANDEM-STRAIGHT are nearly the same thing, we refer to both of them as STRAIGHT in the following discussions).
Typical vocoder-based speech synthesis systems [6] (including STRAIGHT) consist of three analysis methods and a synthesis method. The analysis methods decompose the input speech into fundamental frequency (F0), spectral envelope, and aperiodicity parameters, and the synthesis method generates the speech based on these three parameters. We have already proposed a rapid and reliable F0 estimation method [7] for use in a real-time speech synthesis system. In this article, we deal with a spectral envelope estimation method that meets the requirements for a high-quality speech synthesis system. We propose a method to rapidly estimate a reliable spectral envelope from input speech.
The rest of this article is organized as follows. In Section 2, we describe the problems facing spectral envelope estimation and discuss the requirements for overcoming them. In Section 3, we propose a spectral envelope estimation method that meets the requirements discussed in Section 2. The results of objective experiments performed to evaluate the proposed method and compare it with conventional ones are presented in Section 4.
SPECTRAL ENVELOPE ESTIMATION
Voiced sound contains not only fundamental period ( 0 T = 1/F0) information but also spectral envelope information. The spectral envelope and the influence of F0 are therefore mixed in the observed waveform. Conventionally, spectral envelope estimation has been carried out by smoothing the power spectrum because the influence of F0 is represented as a fluctuation of the power spectrum. In this article, we explain the problems encountered with this kind of estimation and discuss requirements for solving them. We should point out that the F0 and spectral envelope of the human voice are time-varying, and aperiodicity is also included in the waveform. However, here we ignore this so as to simplify the discussion. 
Definition of the spectrum of the periodic signal and problem in the estimation
where * represents the convolution and 0 T represents the fundamental period that is the inverse value of F0. The spectrum of the waveform
Since the spectrum of periodic pulses is also periodic pulses, 
Equation (5) 
Time-varying component and its cepstrum representation
Two problems must be solved in order to estimate the spectral envelope accurately: 1) eliminate the fluctuation caused by the F0 information and 2) eliminate the time-varying component caused by the temporal position for windowing. Conventional methods such as cepstrum [7] and linear predictive coding (LPC) [8] cannot eliminate them because their purpose is to simulate the power spectrum by using fewer parameters. Other methods have been proposed [9] [10] [11] , but their performance is not enough to achieve high-quality speech synthesis. Speech synthesis methods based on ARX [12] and sinusoidal representation [13] have been proposed, but we do not discuss them in this article as our focus is the vocoder-based algorithm.
STRAIGHT uses two steps to eliminate the time-varying component and fluctuation. The first step is averaging the two power spectra of the waveforms windowed by two optimized windows, and the second step is smoothing to eliminate the fluctuation and post-processing to compensate for the negative effect of the smoothing. However, using two windows and calculating two power spectra comes at a high computational cost. In this section, we explain how to simulate a time-varying component to derive the proposed algorithm using just one window.
In this simulation, a periodic pulse with an F0 of 100 Hz is used. The pulse train is windowed by a pitch synchronous window [14] and the temporal position for windowing W is shifted from 1 to 0 T sample. The In the quefrency domain, two pulses ( 0
2T ms) are observed. Since the standard deviations of these pulses are higher than those in the quefrency domain, they represent the time-varying component. One reasonable way to eliminate it is to smooth the power spectrum. The smoothing function should be designed so that it has a zero at 0 T ms in the quefrency domain. Optimized smoothing can eliminate both the time-varying component and fluctuation in a power spectrum. With the proposed method, we attempted to optimize the windowing and smoothing functions. As mentioned above, using only one optimized window can reduce the computational cost compared with STRAIGHT. 
PROPOSED METHOD
In this section, we present the proposed method. The proposed method uses two steps, as does STRAIGHT, but while STRAIGHT eliminates the two components by using two steps separately, the proposed method eliminates both components using just the smoothing step. In this section, we explain our design of the optimized window and smoothing functions.
Optimized window function
The pitch-synchronous window is an effective window for eliminating the time-varying component at
Therefore, the time-varying component is included in all frequencies except these. In the proposed method, the power of a waveform windowed by the window must temporally stable. A generalized Blackman window with a length of 0 3T is used to meet these requirements. The window function is defined as ), 
EVALUATION
Two objective evaluations were performed to determine the effectiveness of the proposed method. One determined whether or not the time-varying component was eliminated and the other measured the estimation performance of the proposed method. The target spectral envelope was defined as a power spectrum with a -6 dB/octave slope and a flat F0 contour.
In the first evaluation, we determined how quickly the time-varying component was could be eliminated by calculating the error function
Equation (10) represents the error function ) (Z E as the ratio of the time-varying power to the average power at each frequency. The time-varying component was calculated at each frequency. The evaluation result is shown in Fig. 3 . The proposed method was superior to the conventional method in the high frequency band but inferior in the low frequency band. This demonstrates that, overall, the proposed method achieved a similar performance to the conventional method. The estimation performance was evaluated by the difference between the target power spectrum and the estimated spectral envelope. The results are shown in Fig. 4 . The proposed method was superior to the conventional method in the low frequency band. These two evaluation results indicate that the proposed method had the same performance as the conventional method. Moreover, the proposed method has the advantage of low computational cost because it uses only one window. 
Discussion
The results of two evaluation indicate that the proposed method can accurately estimate the spectral envelope. Moreover, its computational cost is lower than the conventional method because it uses only one window, resulting in a processing speed two times faster than TANDEM-STRAIGHT. Real-time speech synthesis can be achieved on a laptop PC (Core i5 2.54 GHz CPU, 4.00 GByte RAM) by using the proposed method and simplified aperiodicity estimation method. Rapid and reliable aperiodicity estimation will be the main focus of our future work.
